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© A distortion correction circuit (100) having a 
mechanism (134) for intercepting a distorted output 
signal from a receiver (114) and for generating an 
Nth order signal. A circuit (140) is provided to sub- 
tract the Nth order signal from the distorted output 
signal for providing a circuit output signal. Finally, a 
feedback loop (106) is provided to feed back the 
circuit output signal for controlling the Nth order 
signal and for providing a distortion corrected circuit 
output signal. In a preferred embodiment, the distor- 
tion correction circuit (200) includes a calibration 
circuit (220) which provides a calibration signal em- 
ployed to linearize a receiver channel (102). The 
receiver channel (102) includes a plurality of receiver 
stages (214) which receive the calibration signal and 



provide the distorted output signal which is inter- 
cepted and directed to a cubing circuit (208). The 
cubing circuit (208) generates an error correction 
signal controlled by the feedback loop (206) to can- 
cel the distortion component of the distorted output 
signal. In the preferred embodiment, the feedback 
loop (206) controls the amplitude and phase of the 
error correction signal while in another illustrative 
embodiment, only the amplitude of the error correc- 
tion signal is controlled. Thus, the invention dis- 
closes a correction circuit arrangement for a receiver 
channel (102) which provides a distortion corrected 
output signal by effectively removing the distortion 
generated by the receiver (214). 
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BACKGROUND OF THE INVENTION 

Field of the Invention: 

The present invention relates to RADAR and 
communication systems. More specifically, the 
present invention relates to methods and apparatus 
for distortion correction within RADAR and commu- 
nication receivers. 

While the present invention is described herein 
with reference to illustrative embodiments for par- 
ticular applications, it should be understood that the 
invention is not limited thereto. Those having or- 
dinary skill in the art and access to the teachings 
provided herein will recognize additional modifica- 
tions, applications and embodiments within the 
scope thereof and additional fields in which the 
present invention would be of significant utility. 

Description of the Related Art: 

High dynamic range receiver amplifiers are in 
demand in modern RADAR and communication 
systems. However, the non-linearity within a re- 
ceiver channel causes the channel output signal to 
be compressed for large input signals. The primary 
sources of the non-linearity within, for example, a 
RADAR receiver channel are the amplifiers (gain 
stages), frequency conversion mixers and, to a 
lesser extent, components such as switches and 
variable attenuators. All of these components con- 
tribute to the non-linearity of the overall receiver 
channel. A convenient method of denoting the lin- 
earity of these analog devices is the output two- 
tone third-order intercept point (IP3). The output 
third-order intercept point is the theoretical output 
power level (point) at which the intermodulation 
distortion components are at an equal amplitude to 
the fundamental carrier tones. From this definition, 
it can be seen that a higher third-order intercept 
point results in an analog device with lower distor- 
tion levels for a given output power level. 

The goal is to achieve a linear output signal 
from the receiver channel. However, depending 
upon the amplification provided by the receiver 
channel, certain problems occur. For example, if 
two signals of different frequencies (e.g., fi and f2) 
are received in the channel, cross-modulation oc- 
curs resulting in a pair of undesirable side distor- 
tion components in the output signal. The least 
desirable side distortion components, which are 
generally cubic in nature, are identified by the 
terms (2fi-f 2 ) and (2f2-fi). Another example is di- 
rected to the non-linearity existing in RADAR re- 
ceiver applications caused by large ground clutter 
returns. The non-linear induced distortion exhibits a 
stronger return signal at a specific frequency than a 
signal produced by, for example, a small target 



such as an aircraft or a missile. Thus, the non- 
linearity causes the clutter return spectrum to 
spread resulting in the masking of the smaller 
target signal. 

5 An example of non-linear distortion directed to 

communication systems includes a communication 
receiver which receives two or more signals si- 
multaneously. Such an example would include a 
cable television system. In cable television applica- 

w tions, the signals of multiple channels are simulta- 
neously amplified by a single amplifier. The non- 
linearity of the single amplifier results in inter- 
modulation distortion that generates signals result- 
ing from cross-modulation of two or more channel 

75 signals. 

The problems associated with mitigation of the 
non-linear induced distortion and achievement of a 
linear output signal from the receiver channel have 
been addressed in the past. Feedback amplifiers 

20 employing resistive feedback loops have been uti- 
lized for error correction. In this manner, the output 
signal can be compared to the input signal. Any 
error resulting from the comparison is reduced at a , 
summing junction. Voltage division sets the gain 

25 and enables the output signal and the input signal 
to be directly compared to cancel the error. The 
number of feedback amplifiers becomes excessive 
and, thus, the scheme is expensive. 

The requirement for receiver gain stages that 

30 exhibit a high third-order intercept point (IP3) and a 
high level of inherent linearity has been satisfied by 
employing very high power class A amplifiers. 
These class A amplifiers are capable of several 
watts of output power. To make the gain stages 

35 more linear, the linear region must be expanded. 
Although the Class A amplifier serves this purpose, 
several disadvantages result including excessive 
cost, high prime power consumption and large 
size. Because of the high output saturation power 

40 capability of the Class A amplifier, a risk of damag- 
ing components immediately following the amplifier 
exists. Delicate devices such as mixers and SAW 
filters which require high third-order intercept point 
amplifiers for input drivers are especially vulnerable 

45 to damage from overdriving. 

The requirement for high third-order intercept 
point frequency conversion mixers may also be 
satisfied through conventional technology. Extreme- 
ly high level mixers may be used in the receiver or, 

50 if greater linearity is required, the mixers may be 
connected in parallel. The high third-order intercept 
point is effectively doubled every time the number 
of parallel mixers is doubled. The use of extremely 
high level mixers requires local oscillator drive lev- 

55 els approaching one watt. Amplifiers that produce a 
power level approaching one watt are expensive, 
use large amounts of prime power and create ex- 
cessive heat that must be dissipated. Further, using 
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high level mixers in parallel compounds these 
problems. 

Feedforward techniques have been used pre- 
viously to perform error cancellation. In particular, 
the techniques have been utilized on individual 
stages. Because of the need for accurate phase 
and amplitude match, the techniques are difficult to 
implement at high frequencies. One such method 
of extending the effective intercept point of an 
analog circuit without increasing the output satura- 
tion power or the D.C. prime power requirement is 
known as feedforward intermodulatlon distortion 
cancellation. This technique is a variation of feed- 
forward error cancellation used for lower frequency 
(audio) power amplifiers. Further, this technique 
deals mainly with an increasing of the linearity of a 
single amplifier stage or a cascade of amplifiers. 

In the feedforward technique, an RF input sig- 
nal is coupled to a high power amplifier which, 
unfortunately, generates distortion. The original RF 
input signal is compared with and subtracted from 
a sample of the distorted power amplifier output 
signal to yield the distortion signal generated by 
the power amplifier. The distortion signal is. then 
passed through a low noise amplifier which pro- 
vides an error distortion signal. The error distortion 
signal is transmitted to an output terminal where it 
is subtracted from the distorted power amplifier 
output signal to yield a low distortion amplified 
version of the original RF input signal. This feedfor- 
ward technique causes the signals to be boosted in 
amplitude and extends the linear region of the 
amplifier without extending the saturation point. 
Thus, overdriving delicate components downstream 
of the amplifier is not a problem. 

Unfortunately, other problems arise in connec- 
tion with the use of this feedforward technique. For 
example, the technique is primarily applicable 
when the input and output frequencies are equal. In 
order to permit this scheme to function properly, 
the feedforward circuit architecture described 
above must be incorporated into each of a plurality 
of cascaded amplifier stages. Feedforward amplifier 
stages are used at each of the progressively lower 
intermediate frequencies (IF). Mixers are employed 
to assist in the frequency conversion. All frequency 
conversions are completed prior to the input of the 
signal into a digital processor. Because the feedfor- 
ward circuit architecture must be incorporated into 
each cascaded stage, the circuitry of this technique 
is space consuming and expensive. 

Thus, there is a need in the art for an improve- 
ment by which the linear range of a signal receiver 
may be expanded without increasing the output 
saturation power, in a cost effective and space 
efficient manner. 



SUMMARY OF THE INVENTION 

The need in the art is addressed by the re- 
ceiver distortion correction circuit and method of 

5 the present invention. The invention includes a 
mechanism for intercepting a distorted output sig- 
nal from a receiver and for generating an Nth order 
signal. A circuit is provided to subtract the Nth 
order signal from the distorted output signal for 

w providing a circuit output signal. Finally, a feedback 
loop is provided to feed back the circuit output 
signal for controlling the Nth order signal and for 
providing a distortion corrected circuit output sig- 
nal. 

75 In a preferred embodiment, the distortion cor- 
rection circuit includes a calibration circuit which 
provides a calibration signal employed to linearize 
a receiver channel. The receiver channel includes a 
plurality of receiver stages which receive the cali- 

20 bration signal and provide the distorted output sig- 
nal which is intercepted and directed to a cubing 
circuit. The cubing circuit generates an error cor- 
rection signal controlled by the feedback loop to 
cancel the distortion component of. the distorted 

25 output signal. In the preferred embodiment, the 
feedback loop controls the amplitude and phase of 
the error correction signal while in another illustra- 
tive embodiment, only the amplitude of the error 
correction signal is controlled. 

30 Thus, the invention discloses a correction cir- 
cuit arrangement for a receiver channel which pro- 
vides a distortion corrected output signal by effec- 
tively removing the distortion generated by the 
receiver. 

35 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig. 1 is a simplified block diagram of a feed- 
forward intermodulation distortion cancellation cir- 

40 cuit of the prior art showing the circuitry employed 
to cancel amplifier generated distortion with char- 
acteristic signals illustrated at various stages. 

Fig. 2 is a simplified block diagram of a repre- 
sentative RADAR receiver channel employing the 

45 feedforward intermodulation distortion cancellation 
circuit of Fig. 1 at a plurality of stages. 

Fig. 3 is a detailed block diagram of an illustra- 
tive embodiment of a receiver distortion correction 
circuit of the present invention showing feedforward 

50 and feedback loops designed to cancel the am- 
plitude component of non-linear receiver generated 
distortion. 

Fig. 4 is a detailed block diagram of a pre- 
ferred embodiment of a receiver distortion correc- 
55 tion circuit of the present invention showing feed- 
forward and feedback loops designed to cancel the 
amplitude and phase components of non-linear re- 
ceiver generated distortion. 
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Fig. 5 is a simplified block diagram of a signal 
receiver channel incorporating the receiver distor- 
tion correction circuit of the present invention in a 
digital processor. 

DESCRIPTION OF THE INVENTION 

Feedforward techniques are known. For exam- 
ple, the feedforward intermodulation distortion can- 
cellation circuit 10, of the prior art, shown in Fig. 1 
is directed to increasing the linearity of a single 
amplifier stage or each of a cascade of amplifiers. 
In the feedforward circuit 10, an RF input signal 
(comprised of two undistorted sine waves shown at 
12) is coupled to a high power amplifier 14 via a 
first directional coupler 16. The high power am- 
plifier 14 amplifies and, unfortunately, distorts the 
input signal providing a distorted power amplifier 
output signal (shown at 18). The distorted amplifier 
signal is then transmitted to a second directional 
coupler 20 as shown in Fig. 1. A sample of the 
distorted amplifier signal is thereafter rerouted to a 
third directional coupler. 22...Simultaneously, the RF 
input signal, (shown, at 12) is transmitted to the third 
directional coupler 22 via a first delay line 24. The 
combination of structure described thus far in Fig. 
,1 forms a first loop. 

Within the third directional coupler 22, the RF 
input signal is compared with and subtracted from 
the sample of the distorted amplifier signal to yield 
a signal (shown at 26) representing the distortion 
generated by the power amplifier. The signal repre- 
senting the distortion is then passed through a low 
noise amplifier 28 which provides an error distor- 
tion signal. The error distortion signal is thereafter 
transmitted to a fourth directional coupler 30 which 
also receives the distorted amplifier signal (shown 
at 18) via a second delay line 32. This combination 
of structure forms a second loop as shown in Fig. 
1. The error correction signal is then subtracted 
from the distorted amplifier signal in the fourth 
directional coupler 30 to yield an RF output signal 
(shown at 34) which is an amplified version of the 
RF input signal. 

The feedforward technique shown in Fig. 1 is 
applicable only when the input and output fre- 
quencies are the same. Thus, the frequency of the 
RF input signal (shown at 12) must be equal to the 
frequency of the RF output signal (shown at 34). 
Therefore, the feedforward circuit 10 of Fig. 1 must 
be incorporated into each of a plurality of cascaded 
amplifier stages of a receiver channel 50 shown in 
Fig. 2 to achieve the desired linearity. Feedforward 
amplifier stages are used at each of the IF fre- 
quencies including the desired final IF frequency. 

In accordance with the above description, fi of 
a first feedforward circuit 52 must equal h which 
might be, for example, 3000 MHz as shown in Fig. 



2. The signal of frequency k is directed to a mixer 
54 and subtracted from a frequency f3 to provide a 
frequency f4. The signal having frequency U is 
then directed to a second feedforward circuit 56 at 

5 which point the frequency has been reduced to 300 
MHz. The signal outputted by the second feedfor- 
ward circuit 56 has a frequency h which equals 
frequency U. The signal having frequency fs is 
then transmitted to a second mixer 58 and sub- 

70 tracted from a signal having a frequency k to 
provide a signal having a frequency b- The signal 
having the frequency \j is fed to a third feedfor- 
ward circuit 60. The output signal of the third 
feedforward circuit 60 has a frequency fs which 

75 equals frequency h. 

The technique continues with additional stages 
until the desired operating frequency is achieved, 
for example, 5 MHz. The signal having the fre- 
quency fs is then delivered to an analog-to-digital 

20 (A/D) converter 62 which transforms the analog 
signals to a digital word for processing by a digital 
processor 64. Note that all frequency corrections 
are completed prior to the signal having frequency, 
fs entering the digital processor 64. Because the. 

25 feedforward circuit 10 must be incorporated into 
each cascaded stage, the circuitry of this technique 
is space consuming and expensive. Further, the 
heat dissipation requirement is substantially in- 
creased. 

30 As shown in drawing Figs. 3 - 5 for purposes of 
illustration, the invention is embodied in a distortion 
correction circuit 100 of the type used in a signal 
receiver channel 102 and having a feedforward 
loop 104 for generating an error correction signal 

35 employed for canceling a distortion component of a 
digitized output signal and a feedback loop 106 
utilized to control the amplitude and phase of the 
error correction signal. 

In accordance with drawing Figs. 3 - 5 of the 

40 present invention, a cubing circuit 108 of the feed- 
forward loop 104 generates an error correction 
signal while the feedback loop 106 cooperates by 
applying a weighted multiplier to said error correc- 
tion signal to cancel the distortion component of a 

45 digitized output signal and to provide a distortion 
corrected circuit output signal. Further, the distor- 
tion correction circuit 100 permits linearizing the 
entire signal receiver channel 102 including an 
associated analog-to-digital converter 110 for auto- 

50 matically compensating for non-linearities caused 
by age and temperature variations within the re- 
ceiver channel 102. Moreover, the non-linearities 
can be reduced by applying the correction circuit 
100 to a digital processor 112 while avoiding the 

55 complexity and power dissipation attendant with 
compensating each receiver stage. Further, the 
correction circuit 100 is capable of adjusting the 
error correction for varying levels of non-linear dis- 
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tortion. 

The distortion correction circuit 100 of the 
present invention introduces the distortion correc- 
tion in the digital processor 112 following the 
analog-to-digital converter 110 as shown in Figs. 3 
and 5. This design permits the total non-linear error 
introduced by components located in a signal re- 
ceiver 114 through the analog-to-digital converter 
110 to be corrected. The correction circuit 100 is 
designed to be initialized during initial calibration of 
the receiver channel 102, notwithstanding the em- 
bodiment employed, for obtaining initial correction 
coefficients. Subsequent initialization should be un- 
dertaken during operational periods to update the 
correction coefficients. 

An antenna 116, which functions to receive 
communication or RADAR signals, is shown con- 
nected to the signal receiver 114 via a directional 
coupler 118. Also connected to the signal receiver 
114 through the directional coupler 118 is a calibra- 
tion circuit 120. The calibration circuit 120 is com- 
prised of first and second test tone oscillators 122 
and 124, respectively, . shown in . Fig. 1. The first 
oscillator 122 generates a first test tone signal 
having frequency fi while the second oscillator 124 
generates a second test tone signal having fre- 
quency f 2 . The test tone signals fi and f 2 are 
combined in a summer 126 to provide a sum 
comprising, for example, (Cos 27rfit + Cos 27rf 2 t). 
The summed test tone signals are then transmitted 
to the directional coupler 118 through a control 
switch 128 when in the closed position. The control 
switch 128 can be, for example, an R.F. switch. 
The directional coupler 118 functions to inject the 
two test tone signals into the signal receiver 114 
ahead of any non-linear components in the receiver 
114. 

The calibration circuit 120 is employed to lin- 
earize the signal receiver 114 while in the calibra- 
tion mode. Once linearized, the control switch 128 
is opened and the signal receiver 114 is placed 
into the receive mode. The receive mode permits 
the signal receiver 114 to receive signals, such as 
RF, microwave or other communication signals, 
from the antenna 116. In either the calibration or 
receive mode, the signal receiver 114 and the 
analog-to-digital converter 110 collectively distort 
the signal in a non-linear fashion (shown at 132). 
The non-linear distortion of the signal (shown at 
132) can be, for example, third-order intermodula- 
tion distortion. 

The calibration signal (shown at 130 in fig. 1) 
comprised of the sum of the first and second test 
tone signals (fi and f 2 ) does not include non-linear 
distortion terms. Thus, a nondistorted test tone 
signal is injected into the signal receiver 114. Fur- 
ther, the frequencies fi and f 2 of the resulting 
calibration signal are selected to permit both test 



tones and the resulting third-order intermodulation 
distortion terms to fall within the passband of the 
signal receiver 114. The two tones of the calibra- 
tion signal are then down converted to a final 

5 intermediate frequency (IF) by the signal receiver 
114 and then sampled by the analog-to-digital con- 
verter 110. The calibration signal including the 
third-order intermodulation distortion terms (shown 
at 132) is available at a junction node 134 shown in 

io Fig. 3. 

The cancellation of the third-order intermodula- 
tion distortion terms of the distorted calibration 
signal (shown at 132) is completed within the digi- 
tal processor 112. The distorted calibration signal 

75 (shown at 132) includes the original calibration sig- 
nal (shown at 130) having the summed frequency 
tones (fi + f 2 ) and the third-order intermodulation 
distortion terms shown as side bands. The dis- 
torted calibration signal is directed from the junc- 

20 tion node 134 to the cubing circuit 108 having 
stored therein a cubic transfer function. The cubing 
circuit 108 is an element of the feedforward loop 
104. Within the cubing circuit 108, the distorted 
calibration signal (shown at 132) is represented as 

25 the analog-to-digital input voltage V jn . The voltage 
V ln is then processed by the cubing circuit 108 by 
being operated upon by the cubic transfer .function. 
The result is the cube of the voltage V in which is 
designated by the term V 0 or V in 3 in Fig. 3 and is 

30 referred to as an error correction signal. 

The error correction signal (shown at 136) is a 
duplicate of the distorted portion of the distorted 
calibration signal (e.g., V in ) with increased third- 
order intermodulation distortion caused by the cu- 

35 bic transfer function. In particular, the error correc- 
tion signal is an artificial distortion derived by cub- 
ing the two tones (fi and f 2 ) of the calibration 
signal (shown at 130). The resulting artificial distor- 
tion is represented only by the side band terms 

40 (2fi - f 2 ) and (2f 2 - fi ). The original tones (fi and f 2 ) 
appear at a significantly lower level in pure spectral 
form in the error correction signal as is indicated 
by the two center dashed lines (shown at 136). The 
cubed signal (Vj n 3 ) which forms the error correction 

45 signal is intentionally designed to be much larger 
than the distorted calibration signal. The error cor- 
rection signal is an Nth order signal generated by 
the transfer function of the cubing circuit 108. In 
this application, the transfer function has been cho- 

50 sen as a cubic since third-order intermodulation 
distortion is the dominant distortion signal that is 
generated by the non-linear analog components of 
the circuit. However, other orders of the transfer 
function could be employed in the cubing circuit 

55 108 if so desired. 

The function of the feedforward loop 104 is to 
provide the error correction signal (shown at 136) 
which, by design, must be equal in magnitude and 
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opposite in sign to the distortion component of the 
distorted calibration signal (shown at 132, e.g., V ln ). 
The feedforward loop 104 is also comprised of a 
gain control circuit 138 and a subtracter circuit 140. 
The error correction signal (shown at 136) has 
significantly higher third-order distortion terms as 
compared to the third-order distortion terms of the 
distorted calibration signal (shown at 132). There- 
fore, the error correction signal is amplitude weight- 
ed by a value less than one to set the distortion 
terms of the error correction signal at the level of 
the distortion terms of the distorted calibration sig- 
nal. This process permits canceling the distortion 
terms in the distorted calibration signal. 

Cancellation of the distortion terms in the dis- 
torted calibration signal is accomplished as follows. 
The error correction signal (shown at 136) having 
the higher third-order distortion terms is transmitted 
to the gain control circuit 138. The function of the 
gain control circuit 138 is to control the level of the 
error correction signal. The gain control circuit 138 
adjusts the amplitude of the error correction signal 
to be equal in amplitude and opposite in sign to the 
distortion component of the distorted calibration 
signal (shown at 132). Thus, when the two signals 
are added, the distortion components will cancel. 
The gain control circuit 138 also receives a signal 
from a level detector 142 located in the feedback 
loop 106 as described below. The amplitude 
weighted error correction signal is then transmitted 
to the subtracter circuit 140. 

The function of the subtracter circuit 140 is to 
subtract the amplitude weighted error correction 
signal from the distorted calibration signal (shown 
at 132) to eliminate the distortion side bands 
(shown at 132). After the subtraction, the third- 
order distortion terms effectively cancel and the 
original undistorted two tones of the calibration 
signal (shown at 130) are left essentially intact. 
This undistorted signal available at the output ter- 
minal of the subtracter circuit 140 becomes the 
final output signal (shown at 144) of the distortion 
correction circuit 100. Thus, in the receiver mode, 
the distortion correction circuit 100 provides the 
final output signal (shown at 144) that is an un- 
distorted duplicate of the calibration signal (shown 
at 130) that is amplified or down converted in 
frequency according to the function of signal re- 
ceiver 114. During calibration, the final output sig- 
nal is processed via the feedback loop 106 to 
detect any third-order distortion content therein. 

Generally, the feedback loop 106 functions to 
control the feedforward loop 104 in the following 
manner. The final output signal is extracted at a 
junction node 146 and directed to a digital band- 
pass filter 148. The bandpass frequency range of 
the bandpass filter 148 is selected to pass only one 
of the distortion terms (2fi -f 2 or 2f 2 - fi) and to 



reject the two tones (fi and h) of the calibration 
signal (shown at 130) during the calibration stage. 
Any distortion terms present within the bandpass 
frequency range pass through the filter 148 and are 

5 fed to the level detector 142 as shown in Fig. 3. 
The level detector 142 detects the amplitude of 
any distortion signal present in the final output 
signal (shown at 144). It is desirable to eliminate 
the distortion in the final output signal, which is a 

w digital number or word comprised of a series of 
ones and zeros. Thus, the distortion terms passing 
the bandpass filter 148 are level detected and 
utilized within the digital processor 112 to adjust 
the gain control weight of the non-linear error cor- 

15 rection signal (shown at 136). 

The appropriate weighting level to be em- 
ployed in the gain control circuit 138 must be 
determined so that the subtracter circuit 140 elimi- 
nates the side bands in the distorted calibration 

20 signal (shown at 132). If the digital word represent- 
ing the distortion in the final output signal (shown at 
144) is large, the level detector 142 transmits an 
adjustment signal to the gain control circuit 138. 
The gain control circuit 138 then modifies the, 

25 weighting factor to adjust the error correction signal 
(shown at 136) to be equal in amplitude and op- 
posite in sign to the incoming distorted calibration 
signal (shown at 132). However, if the digital word 
representing the distortion in the final output signal 

30 (shown at 144) is small, the level detector 142 does 
not transmit an adjustment signal to the gain con- 
trol circuit 138. This condition indicates that the 
error correction signal is approximately equal in 
amplitude and opposite in sign to the distorted 

35 calibration signal. Thus, the weighting factor of the 
gain control circuit 138 is not modified. 

When the weighted error correction signal is 
equivalent to the distorted correction signal (shown 
at 132), the final output signal (shown at 144) does 

40 not include distortion terms. Thus, the entire signal 
receiver channel 102 has been linearized by em- 
ploying the calibration circuit 120 and adjusting the 
gain control circuit 138 in the feedforward loop 104 
prior to processing received RADAR or commu- 

45 nication signals with the signal receiver 114. In this 
way, the distortion correction circuit 100 is capable 
of adjusting to varying non-linear distortion. This 
advantage has been accomplished by uti lizing the 
calibration signal (shown at 130) to adjust the 

50 weighting correction coefficients for the gain control 
circuit 138. Once the weighting correction coeffi- 
cients for the gain control circuit 138 are deter- 
mined, the control switch 128 of the calibration 
circuit 120 is opened and the calibration signal 

55 (shown at 130) removed. The weighting correction 
coefficients are then applied to actual received data 
to remove unwanted non-linear distortion caused 
by the signal receiver 114. Recalibration or re- 
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linearization of the distortion correction circuit 100 
will subsequently be required as the amplifier cir- 
cuitry of the signal receiver channel 102 ages and 
the operating temperature drifts. Additionally, the 
above described distortion correction circuit 100 
can be modified to correct other less dominant 
orders of distortion (e.g., 2nd, 4th, 5th and the like) 
by modifying the cubing circuit 108 to include the 
proper order transfer functions. 

A preferred embodiment of the distortion cor- 
rection circuit of the present invention is illustrated 
in Fig. 4 and identified by the reference numeral 
200. Those elements shown in the distortion cor- 
rection circuit 200 in Fig. 4 of the preferred em- 
bodiment which find substantial correspondence in 
structure and function to those corresponding ele- 
ments shown in the distortion correction circuit 100 
of Fig. 3 are designated with corresponding nu- 
merals of the two-hundred series. 

The distortion correction circuit 200 includes a 
calibration circuit 220 operating through a direc- 
tional coupler 218 with an antenna 216 to feed a 
signal receiver 214. The calibration circuit 220 op- 
erates in the manner previously described with 
respect to Fig. 3 and includes first and second test 
tone oscillators 222 and 224 providing test tone 
signals having frequencies U and f 2 . The test tone 
signals fi and f 2 are combined in a summer 226 to 
provide a sum comprising, for example, (Cos 2*M 
+ Cos 27rf 2 t). During the calibration mode, a con- 
trol switch 228 is closed to inject a test calibration 
signal (shown at 230) comprised of the two tones 
ahead of any non-linear components in the signal 
receiver 214. The calibration signal is directed to 
the signal receiver 214 and an analog-to-digital 
converter 210. The non-linear operation of the sig- 
nal receiver 214 and the analog-to-digital converter 
210 generate distortion in the calibration signal 
providing a distorted calibration signal (shown at 
232). The distorted calibration signal is a digital 
sample which includes third-order intermodulation 
distortion and is tapped-off an output terminal of 
the analog-to-digital converter 210 at a junction 
node 234 as shown in Fig. 4. 

The distorted calibration signal (shown at 232) 
is directed to a subtracter circuit 240 and a cubing 
circuit 208, each located within a feedforward loop 
204 and to a complex correlator 260 located within 
a feedback loop 206. The cubing circuit 208, which 
provides an error correction signal (shown at 236), 
functions in a manner identical to the like-named 
component disclosed with respect to Fig. 3. The 
error correction signal (shown at 236) is a duplicate 
of the distorted portion of the distorted calibration 
signal (shown at 232, e.g., V ln ) with increased third- 
order intermodulation distortion caused by the cu- 
bic transfer function. The error correction signal is 
an artificial distortion derived by cubing the two 



tones (fi and f 2 ) of the calibration signal (shown at 
230). The resulting artificial distortion is represent- 
ed by the side band terms (2fi - f 2 ) and (2f 2 -fi) 
and by the original tones (U and f 2 ). Other less 

5 significant distortion terms are also included. The 
error correction signal represented by the cubed 
signal (V in 3 ) or V 0 in the cubing circuit 208 is 
intentionally designed to be much larger than the 
distorted calibration signal (shown at 232). The 

w error correction signal is an Nth order signal gen- 
erated by the transfer function of the cubing circuit 
208. 

The error correction signal (shown at 236) is 
then weighted and subtracted from the distorted 

75 calibration signal (shown at 232) to form a final 
output signal (shown at 244). However, the weigh- 
ting of the error correction signal (shown at 236) is 
a complex weighting (e.g., having in phase and in 
quadrature components) which is accomplished by 

20 a complex multiplier 262 as shown in Fig. 4. Thus, 
the distortion correction circuit 200 is capable of 
controlling both the phase and the amplitude of the 
. calibration signal (shown at 230). The function of 
the complex multiplier 262 is to adjust the am- 

25 plitude and phase of the error correction signal 
(shown at 236) to be equal and opposite to the 
distorted portion of the distorted calibration signal 
(shown at 232). The complex multiplier 262 mul- 
tiplies the error correction signal by a complex 

30 weight which is usually less than one. The complex 
weight is determined by detecting the output of the 
complex correlator 260 as described below. The 
error correction signal, now weighted to have the 
amplitude and phase corresponding to the am- 

35 plitude and phase of the distorted calibration signal 
(shown at 232), is transmitted to the subtracter 
circuit 240. 

The weighted error correction signal is then 
subtracted from the distorted calibration signal 

40 (shown at 232) within the subtracter circuit 240 to 
provide the final output signal (shown at 244) which 
includes the original two tones. To eliminate any 
remaining distortion terms, a sample of the final 
output signal (shown at 244) is directed to a digital 

45 bandpass filter 248 located in the feedback loop 
206. The bandpass frequency range of the filter 
248 is selected to pass only one of the distortion 
components (2f 1 - f 2 or 2f 2 - fi ) and to reject the 
two tones fi and f 2 of the final output signal (shown 

so at 244). The output of the bandpass filter 248 is 
sent to the complex correlator 260 as shown in Fig. 
4. The complex correlator 260 receives inputs from 
the bandpass filter 248 and the analog-to-digital 
converter 210. The complex correlator 260 func- 

55 tions to multiply the output signal of the bandpass 
filter 248 and the distorted calibration signal (shown 
at 232). This multiplication provides a signal having 
a low frequency which is (a) zero if distortion 



7 



13 



EP 0 557 800 A1 



14 



components in the final output signal (shown at 
244) do not exist, or (b) a complex correction 
signal which is a time varying multiple product 
sample if distortion components in the final output 
signal (shown at 244) do exist. 

The output signal of the complex correlator 260 
is delivered to a low pass filter 264. The low pass 
filter 264 functions to block the high frequency 
products and pass the low frequency products of 
the complex correction signal. The low frequency 
products of the complex correction signal comprise 
a d.c. level resulting from the multiplication of the 
outputs of the bandpass filter 248 and the analog- 
to-digital converter 210. The d.c. level passing 
through the low pass filter 264 is transmitted to a 
complex digital amplifier 266. The output of the 
complex digital amplifier 266 provides a complex 
weight which is a digital number or word used to 
multiply the error correction signal (shown at 236) 
in the complex multiplier 262. Thus, the complex 
weight is determined by detecting the output of a 
complex correlation between a sample of the dis- 
torted calibration signal (shown at 232) and a sam- 
ple of any intermodulation distortion terms in the 
final output signal (shown at 244) passing through 
the bandpass filter 248. After being multiplied by 
the complex weight, the error correction signal is 
equivalent in amplitude and phase to the distorted 
portion of the distorted calibration signal (shown at 
232). An additional summation of the error correc- 
tion signal and the distorted calibration signal within 
the subtracter circuit 240 results in the further 
elimination of any remaining intermodulation distor- 
tion terms. 

This overall process forms a least-mean 
squared (LMS) adaptive non-recursive filter which 
is capable of adapting the error correction to 
changing non-linearity of the signal receiver chan- 
nel 102. This advantage has been accomplished by 
utilizing the calibration signal (shown at 230) to 
adjust the complex weighting coefficients transmit- 
ted to the complex multiplier 262. This technique is 
also initialized during the calibration period. After 
the calibration period, the selected complex weigh- 
ting coefficients are stored in the complex multi- 
plier 262, the control, switch 228 is opened and the 
test calibration signal (shown at 230) is removed. 
Error correction using the complex weighting co- 
efficients would then be applied to RADAR and 
other communication signals received via the an- 
tenna 216 to remove unwanted non-linear distortion 
caused by the signal receiver 214. The distortion 
correction circuit 200 would thereafter require peri- 
odic recalibration with advancing age and tempera- 
ture drifts of the signal receiver 214. 

The distortion correction circuit 200 disclosed 
in Fig. 4 enjoys certain advantages over the distor- 
tion correction circuit 100 disclosed in Fig. 3. The 



advantages include that both the amplitude and 
phase of the error correction signal are adjusted to 
cancel the distortion components of RADAR and 
other communication signals exiting the analog-to- 

5 digital converter 210 and that the distortion correc- 
tion circuit 200 operates faster since it is a complex 
weighted system. However, each of the embodi- 
ments 100 and 200, respectively, of the distortion 
correction circuit is an extension of feedforward 

io error correction incorporating a feedback loop for 
controlling the feedforward loop. 

A simplified block diagram of a signal receiver 
channel 102 incorporating the distortion correction 
circuit of the present invention in a digital proces- 

75 sor 112 is shown in Fig. 5. Either embodiment 100 
or 200, respectively, of the distortion correction 
circuit can be utilized in Fig. 5 and the selection of 
the preferred embodiment 200 is for convenience 
only. The present invention permits relocating the 

20 feedforward circuitry from each cascaded receiver 
stage to the digital processor 112 within the re- 
ceiver channel 102. Assuming that the receiver 
stages are , designed as gain stages or as fre- 
quency down .conversion stages, cascaded stages 

25 are still required. 

A plurality of cascaded stages interfacing with 

. mixers for stepping the input signal frequency 
down through an intermediate frequency range is 
shown in Fig. 5. An input signal having frequency 

30 fi is fed to a first receiver gain stage 270 which 
provides a signal having frequency h which equals 
frequency ft . Signal frequency k is multiplied with 
a signal frequency f3 in a first mixer 272 for provid- 
ing a signal frequency f*. Signal frequency U is fed 

35 to a second receiver gain stage 274 which provides 
an equivalent frequency signal fs. Signal frequency 
k is delivered to a second mixer stage 276 and 
multiplied with a signal frequency f6 for providing a 
signal frequency h. Signal frequency fz is pro- 

40 cessed by a third receiver gain stage 278 providing 
an equivalent signal frequency fs which is delivered 
to the analog-to-digital converter 210. A digital sig- 
nal fg which is equivalent to signal frequency fs and 
which includes non-linear intermodulation distortion 

45 appears at the output terminal of the analog-to- 
digital converter 210. it is the distorted signal fre- 
quency fa that is processed by the distortion cor- 
rection circuit 200 housed within the digital proces- 
sor 112 and disclosed in Fig. 4. 

50 The present invention does not require feedfor- 
ward architecture in each cascaded stage which 
permits the use of conventional structure as shown 
in Fig. 5. The feedforward architecture need only 
be employed in the digital processor 112 during a 

55 calibration interval providing the advantages of 
economy, space conservation and enhanced per- 
formance of the receiver channel 102. Further, the 
present invention is capable of correcting non-lin- 
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ear distortion of the entire receiver channel 102 
rather than just a single gain stage. Also, the 
present invention is adaptive since the amount of 
error correction is adjustable for changing amounts 
of non-linear distortion in the receiver channel 102. 
Utilization of the distortion correction circuit results 
in a substantial increase in linearity of the signal 
receiver channel 102 without the cost of high power 
amplifiers and extremely high level mixers utilized 
in the prior art to overcome non-linear distortion. 
Since the distortion correction circuit can be imple- 
mented in either analog or digital form, a cost 
competitive dynamic range is achieved. 

Thus, the present invention has been described 
herein with reference to a particular embodiment 
for a particular application. Those having ordinary 
skill in the art and access to the present teachings 
will recognize additional modifications, applications 
and embodiments within the scope thereof. 

It is therefore intended by the appended claims 
to cover any and all such modifications, applica- 
tions and embodiments within the scope of the 
present invention. 

Claims 

1. In a distortion correction circuit (200) for use 
with a receiver channel (102) having a signal 
receiver (214) located within said receiver 
channel (102) for receiving an input signal and 
for providing a distorted output signal, and a 
junction node (234) positioned at the output of 
said signal receiver (214) for intercepting said 
distorted output signal, the improvement char- 
acterized by: 

a cubing circuit (208) in communication 
with said junction node (234) for generating an 
Nth order signal, a subtracter circuit (240) in 
communication with said junction node (234) 
for subtracting said Nth order signal from said 
distorted output signal to provide a circuit out- 
put signal, and a feedback loop (206) for feed- 
ing back said circuit output signal to said cub- 
ing circuit (208) for controlling said Nth order 
signal and for providing a distortion corrected 
circuit output signal. 



signal. 

4. The distortion correction circuit (200) of Claim 
1 further including a complex multiplier circuit 

5 (262) for controlling the amplitude and phase 

of said Nth order signal. 

5. The distortion correction circuit (200) of Claim 
1 wherein said feedback loop (206) includes a 

w complex correlator (260) which provides a 
complex correction signal for controlling the 
amplitude and phase of said Nth order signal. 

6. The distortion correction circuit (200) of Claim 
75 1 wherein said feedback loop (206) includes a 

low pass filter (264) for passing low frequency 
components of a complex correction signal. 

7. The distortion correction circuit (200) of Claim 
20 1 wherein said feedback loop (206) includes a 

complex digital amplifier (266) for providing a 
complex weighted number to a complex multi- 
plier circuit (262) to. control: the .amplitude and 
phase of said. Nth order signal. 
25 • ■ - 

8. The distortion correction circuit (200) of Claim 
1 further including a calibration circuit (220) for 
providing said input signal, said input signal 
being a calibration signal for linearizing said 

30 signal receiver (214). 

9. The distortion correction circuit (200) of Claim 
1 further including a calibration circuit (220) 
connected to said signal receiver (214) through 

35 a switch (228) during a calibration mode. 

10. The distortion correction circuit (200) of Claim 
1 further including a calibration circuit (220) 
comprising a plurality of oscillators (222, 224) 

40 and a summer (226) for generating a calibra- 

tion signal. 



45 



2. The distortion correction circuit (200) of Claim 
1 wherein said cubing circuit (208) is a circuit 
for cubing said distorted output signal and for so 
controlling the amplitude of said Nth order 
signal. 



3. The distortion correction circuit (200) of Claim 
1 wherein said feedback loop (206) includes a 55 
bandpass filter (248) having a bandpass fre- 
quency range selected to pass frequencies of 
a distortion component of said circuit output 
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